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(57) ABSTRACT 

A switching system includes at least one packet processing 
circuit interfacing with at least one packet transmission link. 
The switching system further includes a switch fabric 
coupled to the at least one packet processing circuit, 
whereby the switch fabric is operable to switch between 
channels receiving and transmitting data over the at least one 
packet transmission link and channels receiving and trans- 
mitting data over at least one non-packet transmission link 
interfaced by the switch fabric. 

26 Clafans, 3 Drawing Sheets 




U.S. Patent Feb. 28, 2OO6 sheet 2 of 3 



US 7,006,489 B2 



68 



CELL/PACKET TDM 
INTERFACES INTERFACES 



-C 



ATM/IP 
PACKET 
SWITCH 
FABRIC 

66 



VoIP 



70 o 71 



AAL2 
^ 



64 



TDM 
SWITCH 
FABRIC 

62 



0- 
0- 



D- 



72 Fig. 2 



i 



80 



1 



84 



ALU PP CHIPS I J-* I ALL2 PP CHIPS 



5 



-92 94 96 



i 



100 102 1 



PCM/ 
HDLC 



PCM/ 
I HDLC 



TIME SLOT INTERCHANGE AT DSD LEVEL (TSI) 



"7" 



T 



Fig. 3 



U.S. Patent Feb. 28, 2OO6 sheet 3 of 3 



US 7,006,489 B2 




Fig. 5 



us 7,0C 

1 

VOICE PACKET SWITCHING SYSTEM AND 
METHOD 

TECHNICAL FIELD OF THE INVENTIGN 

This invention relates to telecommunicatioa equipment, 
and more particularly, to voice packet switching system and 
method. 

BACKGROUND OF THE INVENTION 

The current trend in telecommunications network evolu- 
tion focuses on supplanting the traditional public switched 
telephone network (PSTN) with emerging packet-switched 
based data networte. There are a number of contributing 
factors to this trend. Data trafBc volume has far exceeded 
voice traflSc volume and the gap continues to grow unabated. 
Studies have shown that voice will constitute only a very 
small percentage of the total telecommunication traflSc. 
Furthermore, a data network is inherently more flexible for 
supporting a variety of voice and data services and has the 
technical potential to support all the services that are carried 
over PSTN today. 

It will take years before all technical issues are resolved 
so that data networks can have the superior quality and 
reliability of PSTN. Meanwhile, PSTN and the rapidly 
developing data networks will continue to coexist. To facili- 
tate the migration of voice telephony from PSTN toward 
packet networks, and to make two networks interoperate for 
voice services, network operators are deploying voice media 
gateways. Voice media gateways convert voice signals 
between time division multiplex (TDM) pulse code modu- 
lation (PCM) and a data packet format, either asynchronous 
transfer mode (ATM) or voice over Internet protocol (VoIP). 
Therefore, voice media gateways are currently used to 
bridge the data network and the PSTN, but does not perform 
the necessary switching functions. This type of transition 
network, though necessary, is not economical since it intro- 
duces duplicative network elements and increases the cost of 
operating and maintaining the network. 

SUMMARY OF THE INVENTION 

In accordance with the present invention, a voice packet 
switch provides end-to-end voice switching regardless of the 
encoding, multiplexing, or transmission protocols used by 
the calling and called parties, and the inter-switch trunks 
along the voice connection's path. The voice packet switch 
is further operable with all voice encoding and compression 
schemes, physical layer transmission protocols, access pro- 
tocols, and trunking protocols. An important aspect of the 
present invention is the decoupling of the three key func- 
tions in switching voice over packet-switched networks: 
packet processing, digital signal processing, and switching. 
The voice packet switch of the present invention allows each 
key function to be implemented in the most cost efScient 
manner for high density applications, such as in the central 
ofBce. Furthermore, each fiinction may be implemented with 
the most advanced state of the art technology independently 
from one another. Another benefit from eliminating echo 
canceling and voice compression/decompression function- 
ality from the voice packet switch is improved voice fidelity 
and echo cancellation quality. Further, significant end-to-end 
delays in voice transmission associated with jitter buffering 
are also eliminated. The key is the elimination of the voice 
compression/decompression cycles on the intermediate 
switches along the path of a voice connection. 

In one embodiment of the present invention, a switching 
system includes at least one packet processing circuit inter- 
facing with at least one packet transmission link. The 



)6,489 B2 

2 

switching system further includes a switch fabric coupled to 
the at least one packet processing circuit, whereby the switch 
fabric is operable to switch between channels receiving and 
transmitting data over the at least one packet transmission 
5 link and channels receiving and transmitting data over at 
least one non-packet transmission link interfaced by the 
switch fabric. 

In yet another embodiment of the present invention, a 
switching system includes at least one packet processing 
circuit interfacing with first data trafSc in a first protocol 
received and transmitted using a first transmission protocol. 
The switching system further includes a switch fabric 
coupled to the at least one packet processing circuit, 
whereby the switch fabric is operable to switch between 
channels coupled to the first data traffic and channels 
coupled to a second data traffic in a second protocol received 
and transmitted using a second transmission protocol inter- 
faced by the switch fabric. 

In yet another embodiment of the present invention, a 
voice packet switch includes a plurality of ATM packet 

20 processing circuits operable to receive and transmit data 
packets over a plurality of ATM transmission links and 
operable to extract data from the ATM data packets and 
insert the extracted data into data frames of a predetermined 
protocol. The voice packet switch further includes a time 

25 slot interchange coupled to the plurality of ATM packet 
processing circuits and operable to switch the data frames 
received therefrom and multiplexed PCM data received and 
transmitted over a plurality of PCM transmission links. 
In yet another embodiment of the present invention, a 

30 voice packet switch includes a plurality of VoIP packet 
processing circuits operable to receive and transmit data 
packets over a plurality of IP transmission links and operable 
to extract data from the IP data packets and insert the 
extracted data into data frames of a predetermined protocol. 
The voice packet switch further includes a time slot inter- 
change coupled to the plurality of VoIP packet processing 
circuits and operable to switch the data frames received 
therefrom and multiplexed PCM data received and trans- 
mitted over a plurality of PCM transmission links. 
In yet another one embodiment of the present invention, 

^° a metibod of switching voice packets includes the steps of 
receiving data packets transmitted over at least one packet 
transmission link, processing the data packets, and convert- 
ing the data packets to data frames of a predetermined data 
link protocol. The data frames are received at an input 

45 channel of a switch fabric, and output to an output channel 
of the switch fabric. The data frames are then converted to 
data packets, and transmitted over at least one packet 
transmission Unk. 

50 BRIEF DESCRIPTION OF THE DRAWINGS 

For a more complete understanding of the present uiven- 
don, the objects and advantages thereof, reference is now 
made to the following descriptions taken in connection with 
55 the accompanying drawings in which: 

FIG. 1 is a simplified block diagram of an evolving 
telecommunication network employing voice packet switch- 
ing systems of the present invention; 

FIG. 2 is a simplified architectural block diagram of an 
60 embodiment of the voice packet switching system according 
to the teachings of the present invention; 

FIG. 3 is a simplified block diagram of an alternative 
embodiment of a voice packet switching system according 
to the teachings of the present invention; 
65 FIG. 4 is a simplified block diagram of another embodi- 
ment of a voice packet switching system according to the 
teachings of the present invention; and 
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FIG. 5 is a graphical representation of the any-to-any 
switching functionality of the voice packet switching system 
and a method for grouping traffic with the same voice 
compression encoding scheme. 

DETAILED DESCRIPTION OF THE DRAWINGS 

The preferred embodiment of the present invention and its 
advantages are best understood by referring to FIGS. 1 
through 5 of the drawings, like numerals being used for like 
and corresponding parts of the various drawings. 

FIG. 1 is a simplified block diagram of an evolving 
telecommunication network 10 employing voice packet 
switching systems 12-14 of the present invention. Evolving 
network 10 is a congtomerate of current and next generation 
equipment operating in a public switched telephone network 
(PSTN) 16 for voice services, and an asynchronous transfer 
mode network (ATM) 18 and an Internet protocol network 
(IP) 20 for data services. ATM is a high bandwidth, low- 
delay, connection-oriented, packet-like switching and mul- 
tiplexing technology used to support the transmission of 
data, voice data, video data, image data, multimedia data 
trafBc. ATM network 18 employs equipment such as ATM 
switches 22, digital subscriber line access multiplexers 
(DSLAM) 24, and integrated access devices (IAD) 26. ATM 
network 18 further includes one or more voice packet 
switches 12 of the present invention for switching individual 
multiplexed voice streams within the ATM network. Avoice 
stream is defined herein as unidirectional successive voice 
signals from one party to another in the same voice con- 
nection. 

ATM network 18 is coupled to PSTN 16 via voice media 
gateways (MG) 30 and 31. PSTN employs equipment such 
as Class 5 switches 32, Class 4 switches (not shown), digital 
loop carriers 34, and channel banks (CB) 36 to route and 
deliver voice and data trafiSc. PSTN 16 is further coupled to 
IP network 20 via voice media gateways 40 to convert the 
voice signals between TDM PCM and IP IP network 20 
additionally employs equipment such as routers 42, 
DSLAMs 44, and IADs 46 in addition to a voice packet 
switching system 14 of the present invention. Using the 
voice packet switching systems of the present invention, 
voice traflSc can be carried over any data packet protocol 
(VoX), such as IP and ATM protocols favored today. 

It may be seen that a voice packet svwtch may function as 
an interface device between two networks of disparate 
formats, such as voice packet switch 14 between ATM and 
IP networks 18 and 20. The existence of voice media 
gateways in evolving network 10 is due to their integration 
into the telecommunications network to solve the voice-data 
interface problem prior to the introduction of the voice 
packet switching system. With the deployment of voice 
packet switching systems, the voice media gateways may be 
eventually phased out as network deployment logistics and 
capital equipment schedules allow. 

The voice packet switching system of the present inven- 
tion is operable to perform any-to-any switching so that a 
voice stream can be switched between any encoding and 
transmission schemes. The voice packet switch is operable 
to terminate the inbound channel, extract the voice signal 
carried within and put it back on the matching outbound 
channel, regardless of whether the same or different encod- 
ing and transmission schemes are used by the inbound and 
outbound channels. Furthermore, these functionalities are 
performed economically even at a large scale. Because there 
is a fundamental difference between TDM (time division 
multiplex) to AALl (ATM adaptation layer type 1) and 
AAL2 (ATM adaptation layer type 2) to VoIP (voice over IP) 
in the ways individual voice streams are multiplexed over a 
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single connection, the voice packet switch of the present 
invention differentiates and operates differently on them. 
Each TDM channel or AALl connection carries only one 
voice stream, while each AAL2 connection may carry up to 

5 240 simultaneous voice streams, and each VoIP connection 
may carry even more. The voice packet switching system of 
the present invention is operable to de-multiplex the voice 
streams and switch them individually to their corresponding 
outbound channels according to the path of each voice 
conversation, and then re-multiplex all the outbound voice 
streams sharing the same next hop switch onto the same 
outbound AAL2 or VoIP connections. In this way, voice 
applications can be decoupled from the specifics of the 
encoding and hransmission schemes that are of little concern 
or consequence to the end users. Finally, as a central oflice 
switch for network carriers, the voice packet switch of the 
present invention is operable to be scaled up economically 
as the density of voice ports increases. 

The current state of the art does not include any equip- 
ment that satisfies the above-enumerated requirements. For 

20 example, media gateways only perform voice conversions 
either between TDM and ATM or between TDM and VoIP, 
but seldom both. Further, media gateways do not perform 
switching functions. No IP router or ATM switch today 
perform the individual voice stream switching when these 

25 streams are multiplexed. All ATM switches today perform 
switching in ATM format only, and IP routers switch IP 
packets between different IP ports only. No multiplexing of 
voice streams is performed. Further, IADs and DLCs con- 
vert voice streams between IP or ATM and TDM only, and 

3Q typically do not perform any switching functionality. It will 
be seen with reference to FIGS. 2-5 below that the voice 
packet switching system and method of the present inven- 
tion provides a unique solution to converge voice and data 
communications into tomorrow's data-centric telecommu- 
nications network. 

FIG. 2 is a simplified base architectural block diagram of 
an embodiment of the voice packet switching system 60 
according to the teachings of the present invention. Voice 
packet switching system 60 includes a TDM switch fabric 
62, which is coupled to TDM transmission links via TDM 
network interface controllers (NICs) 64. TDM switch fabric 
62 is a time slot interchange with a channel size of DSC or 
64 Kbps bandwidth. An ATM/IP switch fabric 66 is operable 
to switch variable length packets. Network interface con- 
trollers 68 coupled to ATM/IP switch fabric 66 is operable 

45 to terminate IP or ATM transmission Mnks. Voice service 
modules such as VoIP 70, AALl 71 and AAL2 72 are 
circuits or chips that are operable to perform interfacing, 
packet processing, and optionally voice compression and 
echo cancellation. AALl supports Class A trafBc, which is 

5Q connection-oriented, constant bit rate (CBR), time-depen- 
dent traffic such as uncompressed digitized voice and video 
data. AAL2 supports Class B traffic, which is connection- 
oriented, variable bit rate (VBR), isochronous traflic requir- 
ing precise timing between source and sink such as com- 
pressed voice and video traffic. Although these voice service 
modules are shown as separate logical blocks in FIG. 2, they 
may be integrated and realized on a single circuit board or 
in a variety of configurations. Switch 60 is operable to 
perform any-to-any switching between voice and data for- 
mats and speeds. 

FIG. 3 is a simplified block diagram of an embodiment of 
a voice packet switching system 80 according to the teach- 
ings of the present invention. Voice packet switching system 
80 is a simple and straightforward implementation of the 
base architecture shown in FIG. 2. Voice packet switching 

65 system 80 includes AALl packet processing (PP) circuits or 
chips 82, AAL2 packet processing circuits or drips 84, and 
VoIP packet processing circuits or chips 86 interfacing and 
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processing the AALl, AAL2, and VoIP packets, respec- 
tively. AALl packet processing circuits 82 are coupled to a 
time slot interchange 88 or the TDM switch fabric via echo 
canceling circuits or chips 90 and a pulse code modulation 
link 92. AAL2 packet processing circuits 84 are coupled to 
a time slot interchange 88 via echo canceling circuits 94, 
voice compression circuits or chips 96, and a pulse code 
modulation/high-level data link control (PCM/HDLC) link 
98. HDLC is a link layer protocol standard for point-to-point 
and point-to-multipoint communications. HDLC encapsu- 
lates packet data in a frame with the frame header and trailer 
including various control information such as error control 
mechanisms. HDLC variants include frame relay, link 
access procedure-balanced (LAP-B), link access procedure- 
data channel (LAP-DC), point-to-point protocol (PPP), and 
synchronous data link control (SDLC). 

Using the data link layer protocol, one bit-stream HDLC 
channel per voice connection is used to interconnect two 
AAL2 and VoIP packet processing circuits through time slot 
interchange 88. The encoded voice frames (or mini packets) 
encapsulated in AAL2 cells or VoIP packets are extracted 
and put in the HDLC frames for switching through time slot 
interchange 88. After switching, these voice frames are put 
back to the outbound AAL2 cells or VoIP packets. Silence 
insertion descriptor (SID) messages for silence detection 
purpose can be transparently passed through AAL2 packet 
processing circuit 84 between a standard ATM interface and 
time slot interchange 88, using different user-to-user indi- 
cation (UUI), as to propagate through the network. AAL2 
packet processing circuit 84 does not perform the service 
specific convergence sublayer (SSCS) functions, so both 
SID messages and voice packets are treated identically. 
HDLC channel overhead includes two bytes for AAL2 
header, two bytes for the HDLC header, and bit stufSng, 
while the total HDLC channel raw bandwidth is limited to 
64 kbps. If PCM is used to carry a voice stream over AALl, 
the PCM stream can run through in their native DSO TDM 
format instead of using an HDLC channel. HDLC protocol 
is selected in this embodiment because it is widely imple- 
mented and many commercial off-the-shelf hardware and 
software are readily available. Other suitable protocols may 
be used if additional benefits can be conferred. After com- 
pression, a voice stream is no more than 40 Kbps. The total 
sum of the voice payload, the HDLC overhead, and AAL2/ 
VoIP overhead is under 64 Kbps. This crucial observation 
urges the use of time slot interchange 88 as the unified 
switch fabric to meet all voice stream switching require- 
In operation, switching between a pair of TDM trafiSc is 
preferably done in PCM. Switching between a pair of ATM 
AALl is preferably done in PCM. Any combination of 
AAL2A'bIP to AALZA'blP switching, both with the same 
adaptive differential pulse code modulation (ADPCM) 
encoding subtype, can be switched using direct PCM or 
HDLC. If direct PCM is chosen, only a fixed subset of bits 
within each byte of the encoded voice sample is filled, 
processed, and utilized for playback. This option requires 
the activation of jitter buffering. If HDLC is chosen, no jitter 
buffering is required. Jitter buffering is used to smooth out 
the random packet delay variations as the packets travels 
hop by hop through the telecommunications network. 
Because of the random variations of the time interval 
between the arrival of two successive cells or packets firom 
the same voice conversation, each switch is required to 
assume the worst-case delay and provision large jitter buff- 
ers. As a result, the cumulative transmission delay is very 
significant for a voice connection that spans many hops, as 
is typical for toll calls. Further, this large delay makes 
satisfactory echo cancellation difficult, and seriously impairs 
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the subjective quality, or the naturalness, of a voice conver- 
sation. Therefore, the HDLC path is preferred over PCM. 
Any combination of AAL2/VoIP to AAL2AfeIP with the 
same, non-ADPCM, compression encoding is preferably 

5 switched using HDLC. Any combination of AAL2AbIP to 
AAL2A'oIP with different compression coding is preferably 
done by first converting the traffic to PCM before switching. 
For AALl/TDM to AAL2A'bIP with voice compression, it 
is also preferable to first convert to PCM before switching. 
If voice compression is not used at all, switching is prefer- 
ably done in PCM. The goal is to avoid repeated conversions 
to PCM at intermediate hops if possible by utilizing any one 
of the standardized data link protocols to encapsulate and 
transport compressed voice streams on the uniform PCM 
channels through time slot interchange 88. The preferred 

15 properties of the chosen data link protocol include accep- 
tance of variable length voice mini packets, a total band- 
width not to exceed 64 Kbps, and error detection and 
recovery capabilities, such as HDLC and similar protocols. 
If the option of using the standardized data link protocol 

20 to transport compressed voice streams on the uniform PCM 
channels is not available, conversion to PCM must be 
performed at each hop, requiring jitter buffering at each bop. 
Further, each compression and decompression cycle intro- 
duces certain amount of distortion. The accumulation of 

25 such distortion as a voice connection traverses multiple 
switches can be substantial for additional impairment of the 
voice qualities. A further disadvantage is the prohibitively 
high cost or limitations on heat dissipation associated with 
integrated packet processing, echo canceling and voice 
compression chips or modules. An integrated chip is also ill 
suited for a central office application because of high unit 
cost, low density, and heat dissipation concerns. 

The present invention becomes even more relevant in 
view of the current trend toward the predominance of 
AAL2A'bIP for voice traffic in next generation networks. In 
these networks, the process of performing repetitive echo 
cancellation and voice compression/decompression at each 
network hop becomes glaringly inefficient, unnecessary and 
disadvantageous (due to quality degradation). 

FIG. 4 is a simplified block diagram of another embodi- 
ment of a voice packet switching system 120 that has been 
decoupled firom digital signal processing according to the 
teachings of the present invention. Voice packet switching 
system 120 includes no costly digital signal processing 
circuits or chips and therefore does not perform echo can- 

45 cellation or voice compression. A voice connection path 
consists of one originating switch, one terminating switch, 
and intermediate switches. When voice compression is used, 
it only has to take place in the originating switch and the 
terminating switch, and is unnecessary in the intermediate 

5Q switches. Further motivation to move digital signal process- 
ing out of the voice packet switch is the decreasing eco- 
nomic and technological incentives to compress voice 
because of the dramatic and continued increase in network 
bandwidth, the explosive growth of data traffic, and the 
diminishing percentage of voice in the overall traffic mix. 
Many mandatory digital signal processing functions as well 
as the optional voice compression function may be moved to 
the customer premises equipment (CPE), because integrated 
chip sets that incorporate packet processing, echo cancella- 
tion and voice compression functions are readily available. 

60 These chip sets, while ill suited for central office switches, 
are ideal in CPE applications where highly integrated func- 
tionality is valued but density is seldom a serious consider- 
ation. 

As shown in FIG. 4, voice packet switching system 120 
65 includes AALl packet processing circuits 122, AAL2 packet 
processing circuits 124 and VoIP packet processing circuits 
126. AALl packet processing circuits 122 are coupled to a 
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time slot interchange 128 via a PCM data link 130. AAL2 
packet processing circuits 124 are coupled to time slot 
interchange 128 via a PCM/HDLC data link 132. VoIP 
packet processing chips 126 are coupled to time slot inter- 
change 128 via a PCM/HDLC data link 134. Traffic is 
presented to and switched by time slot interchange 128 
either in native PCM format for uncompressed voice streams 
or in a standard data link protocol such as HDLC for 
compressed voice streams. The TDM time slot interchange 
128 is an integral component of the overall architecture of 
voice packet switching system 120 to facilitate the imple- 
mentation of the requisite Qass 5 functions such as confer- 
ence call bridging. Communications Assistance for Law 
Enforcement Act. (CALEA), operator barge-in, tone gen- 
eration, digital announcements, and in-band voice signaling 
terminations and dialed digits. 

By provisioning and/or configuring the network, a net- 
work operator may set up separate groups of AAL2 or VoIP 
connections on both the access Unks and the trunks, with 
each group provisioned for voice channels of a single 
profile. A profile is a scheme governing how voice can be 
carried over IP packets and ATM AAL2 cells. The profile 
defines what compression encoding is to be used, the format 
of the voice samples or firames, and how these samples or 
frames are to be encapsulated into the IP/RTP (Internet 
protocol/realtime transport protocol) packets or ATM AAL2 
cells. A voice connection set-up request will carry a param- 
eter specifying the choice of the profile. In setting up a voice 
connection path, the control software on each voice packet 
switch along the way will pick an appropriate matching 
outbound channel from the group with the same profile as 
that from the inbound channel. As a result, the entire path of 
the voice connection will use the same profile, or the same 
compression encoding. This provisioning concept is shown 
in FIG. 5. 

Note that the proposed partitioning by profile does not 
require network topological changes, nor does it necessarily 
affect the routing of voice calls. The segregation or parti- 
tioning is on the logical connection level only. On a physical 
link joining two adjacent voice packet switches, for 
example, two or more AALlfVolP connections for different 
encoding can be provisioned prior to the acceptance of voice 
calls. 

Because the DSP-less voice packet switch architecture 
leads to reduced footprint size and/or increased port density, 
costs associated with housing and heat dissipation for the 
switch is greatly reduced. The net benefits to the network 
operator are much lower capital outlay and ongoing oper- 
ating costs in terms of real estate, power consumption, and 
air conditioning expenses. The greatly simplified hardware 
architecture also dramatically increases the intrinsic reli- 
abilities of the overall switch system. Because the costs 
associated with DSP is significantly higher than the costs 
associated with packet processing and switching, the voice 
packet switch of the present invention achieves the best 
economy of scale at any given density. 

The voice packet switch of the present invention achieves 
end-to-end voice switching regardless of the encoding, mul- 
tiplexing, or transmission schemes used by the calling and 
called parties, and the inter-switch trunks along the voice 
connection's path. The voice packet switch is further oper- 
able with all voice encoding and compression schemes, 
physical layer transmission protocols, access protocols, and 
trunking protocols. 

An important aspect of the present invention is the 
decoupling of the three key functions in switching voice 
over packet-switching networks: packet processing, digital 
signal processing (echo cancellation and voice compres- 
sion), and switching. In doing so, the voice packet switch of 
the present invention allows each key fimction to be imple- 
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mented in the most cost efficient manner for high density 
appHcations, such as in the central office. Furthermore, each 
function may be implemented with the most advanced state 
of the art technology independently firom one another. 
5 Another benefit from eliminating DSP functionality from the 
voice packet switch is improved voice fidelity and echo 
cancellation quality. Ftu-ther, significant end-to-end delays in 
voice transmission associated with jitter buffering are also 
eliminated. 

The cost benefits provided by the present invention can be 
quantified or estimated. For a switch with Nports, there are 
N-port equivalent of interface circuits and I>r— port equiva- 
lent of switching cross points. The cost per port, which is of 
the most concern to a service provider, is the total cost 
divided by N. Therefore, the per port cost is the sum of the 
15 per port interface cost and the cost of N cross points. In the 
preferred embodiment of the present invention, the TDM 
switch fabric can be realized at very low costs because it is 
a scaling of simple and mature technology. The present 
invention first reduces the need for voice compression/ 
20 decompression and echo canceling, and then offers another 
alternative where the digital signal processing interface 
components have been stripped down to only packet pro- 
cessing without the much more expensive voice compres- 
sion and echo canceling circuits. By placing the quadratic 
25 complexity in the low cost TDM switch and the linear 
complexity in high cost components, the present invention 
achieves very good economics id scale to high port density. 

While the invention has been particularly shown and 
described by the foregoing detailed description, it will be 
understood by those ^led in the art that various changes, 
alterations, modifications, mutations and derivations in form 
and detail may be made without departing from the spirit and 
scope of the invention. 
What is claimed is: 
2j 1. A voice packet switch, comprising: 

a plurality of ATM packet processing circuits operable to 
receive and transmit data packets over a plurality of 
ATM transmission links and operable to extract data 
firom the ATM data packs and insert the extracted data 
into data frames of a predetermined protocol; and 
a time slot interchange coupled to the plurality of ATM 
packet processing circuits and operable for DSO-level 
and other per-voice-channel-level switching of; 
data frames received from the ATM packet processing 

45 ^"'^ 

multiplexed PCM data received and transmitted over a 

plurality of PCM transmission links; wherein 
the voice packet switch is configured for operation as; 
a PSTN network switching element; and 
5Q a network gateway bridging a PSTN network and a 

packet-based network; and 
the voice packet switch is deployed as; 
the PSTN network switching element; or 
the network gateway. 
55 2. The voice packet switch, as set forth in claim 1, wherein 
the plurality of ATM packet processing circuits comprise 
AALl packet processing circuits operable to receive and 
transmit AALl cells. 
3. The voice packet switch, as set forth in claim 1, wherein 
60 the plurality of ATM packs processing circuits comprise 
AAL2 packet processing circuits operable to receive and 
transmit AAL2 cells and operable to extract data firom the 
AAL2 cells and inert the extracted data into HDLC data 
firames for switching by the time slot interchange. 
65 4. The voice packet switch, as set forth in claim 1, wherein 
the plurality of ATM packet processing circuits comprise 
VoIP packet processing circuit, operable to receive and 
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transmit VoIP data packets and operable to extract data from 14. The switching system, as set forth in claim 8, wherein 

the VoIP data packets and insert the extracted data into the at least one packet processing circuit is operable to 

HDLC data frames for switching by the time slot inter- extract voice data received from the switch fabric and insert 

change. the extracted voice data into AAL2 cells for transmission 

5. The voice packet switch, as set forth in daim 1, further 5 over the at least one packet transmission link, 
comprking at least one digital signal processing circuit ^^^^^ ^ ^^^^ ^ ^^^^ g ^^^^^^ 
coupled between the plurahty of packet processmg circuits . i . i • • • • ui . 

, .. 1 . ■ . . ui » . u . the at least one packet processmg circuit is operable to 

and the time slot interchange operable to convert between , . . . ^ . , " 

ATM data packets and mulTiplexed PCM data. ^™'=« ^'^^ «f ^^ch fabnc and insert 

6. The voice packet switch, as set forth in claim 5, wherein lo ^''^^^'^f ''"'^ f *° packets for transmission 
the at least one digital signal processing circuit comprises at 1^^' transmission hnk. 

least one echo canceling circuit. 16- The switching system, as set forth in claim 8, wherein 

7. The switching system, as set forth in claim 5, wherein the switch fabric is a time slot interchange switch fabric, 
the at least one digital signal processing circuit comprises at 17. The switching system, as set forth in claim 8, wherein 
least one voice compression circuit. is the switch fabric is operable to switch multiplexed uncom- 

8. A switching system, comprising: pressed voice data. 

at least one packet processing circuit configured to pro- 18. The switching system, as set forth in claim 8, wherein 
cess non-TDM data packets received and transmitted the switch fabric is operable to switch PCM data, 
over at least one packet on Unk; and switching system, asset forth in claim 8, wherein 
a swi ch fabnc having: . 20 jj^^ least one packet transmission Unk includes a plurality 
at least one first chaimel configured to receive and „f ^.^^ transmission links, including a multiplexed VoIP 
transmit the non-TDM data packets over the at least ^^^^ transmission Hnk and a multiplexed AAL2 data trans- 
one packet transmission link; and mission Hnk 
at least one second channel configured to receive and ^ ... 
transmit multiplexed TDM data over at least one 25 20. Tlie switchmg system, as set forth m clami 8 wherem 
non-packet transmission Unk; liie at least one packet processing circuit includes at least one 
wherein the switch fabric is operable for DSO-level AALl packet processing circuit operable to mterface with at 
another per-voice channel level switching between the least one ATM transmission Imk. 

at least one first channel and the at least one second 21. The switching system, as set forth in claim 8, wherein 

channel, wherein the switching stem is configwed for 30 the at least one packet processing circuit includes at least one 

operation as: PSTN network switching element; and a AAL2 packet processing circuit operable to interface with at 

network gateway bridging a PSTN network and a least one ATM transmission link. 

packet-based network; and wherein the switching sys- 22. The switching system, as set forth in claim 8, wherein 

tern is deployed as: the PSTN network switching ele- the at least one packet processing circuit includes at least one 

ment; or the network gateway. 35 VoIP packet processing circuit operable to interface with at 

9. The switching system, as set forth in claim 8, wherein least one IP transmission link. 

the at least one packet processing circuit is operable to 23. The switching system, as set forth in claim 8, further 

extract the non-TDM data packets received over the at least comprising at least one digital signal circuit coupled 

one packet transmission link and transmit to the switch between the at least one packet processing circuit and the 

fabric using a data link protocol. 40 switch fabric and operable to convert between a first data 

10. The switching system, as let forth in claim 8, wherein form corresponding to the at least one packet transmission 
the at least one packet processing circuit is operable to Unk and a first data form corresponding to the at least one 
extract compressed voice data received over the at least one non-packet transmission link. 

packet transmission linlt and transmit to the switch fabric for 24. The switching system, as set forth in claim 8, further 

switchmg using a data Imk protocol. 45 ^^^^ ^^^^^ digital signal processing circuit 

11. The switching system, as set forth m clami 8, wherem between the at least one packet processing circuit 
the at least one packet processmg circuit is operable to 5^^^,^ j^^tic and operable to convert between a 
extract AAL2 voice data received over the at least one ^ssed data from corresponding to the at least one 
packet transmission link and transmit to the switch fabric for y.^^ transmission Unk and an uncompressed data form 
switching using high-level data hiik control protocoL so ^o^, ^ding to the at least one non-packet transmission 

12. The switchmg system, as set forth m claim 8, wherein j^^^ 

the at least one packet processing circuit is operable to ^ ... , , . , ■ 

extract VoIP voice data received over the at least one packet ^5. The switching system, as set forth m claim 24, 

transmission Hnk and transmit to the switch fabric for ^'^^^^1° f 1^^^' ^^g^'^l signal processmg circuit 



switching using high-level data Unk control protocol. 



. comprises at least one echo canceling ci 



13. The switching system, as set forth in claim 8, wherein 26. The switching system, as set forth in claim 24, 

the at least one packet processing circuit is operable to wherein the at least one digital signal processing circuit 

extract data received from the switch fabric and insert the comprises at least one voice compression circuit, 
extracted data into packets for transmission over the at least 

one packet transmission link. ***** 
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